Abstract-We introduce a database of multi-channel recordings performed in an acoustic lab with adjustable reverberation time. The recordings provide information about room impulse responses (RIR) for various positions of a loudspeaker. In particular, the main positions correspond to 4104 vertices of a cubeshaped dense grid within a 46×36×32 cm volume. The database thus provides a tool for detailed analyses of beampatterns of spatial processing methods as well as for training and testing of mathematical models of the acoustic field.
I. INTRODUCTION
An exact mathematical description of the sound propagation in acoustic environments is difficult to define, as this is influenced by the shape of the room and by all objects, materials, and other physical properties of the enclosure. Since the propagation is linear, it is characterized by room impulse responses (RIR) or, equivalently, acoustic transfer functions (ATF) in the frequency domain. A RIR characterizes the sound propagation from one location to another.
When the RIRs relating some source positions and microphone array arrangements in a given room are known, the microphone signals can be generated with a high precision by filtering the emitted acoustic sources by the respective RIRs. This enables us to test signal processing algorithms and their behaviour in real-world conditions and, in particular, to verify the spatial robustness of multi-channel processors, to analyze acoustic fields and beampatterns, etc.
For simulating RIRs, it is popular to use generators based on the image method [1] , which provide easy testing of algorithms as how they respond to changes of simple parameters such as reverberation time T 60 , reflection coefficient, source distance or array geometry. However, the image method assumes artificial rectangular rooms ('shoebox') with simple walls containing no objects and no diffusive materials. The generated RIRs thus correspond to linear combinations of fractional-delay filters and fail to exactly imitate RIRs of real rooms with similar shapes.
Realistic RIRs can be obtained from RIR databases that were measured in real conditions; 1 see e.g., [2] , [3] , [4] , [5] . Although various settings are typically considered, the user is always limited to the arrangements realized by the authors of the given database. For example, the database by [5] considers three geometries of an 8-microphone linear array, with a source 1 and 2 meter from the array center at 13 angles from -90
• to 90
• , and T 60 either 160ms, 360ms or 610ms.
Other arrangements are useful for specific case studies, however, they are less useful for detailed analyses of spatial processors, e.g., their robustness to small perturbations in parameters [6] , [7] . To analyze such details, a database containing dense measurements of RIRs must be realized, which is a cumbersome task as the measurements must be precisely repeated for different settings. Smaller databases of this kind were realized, e.g., in [8] , [9] to support specific analysis. Alternatively, dense sets of RIRs for various microphone positions can be obtained using large arrays; see, e.g., [10] .
This paper aims at filling this gap. A new database comprising dense measurements of RIRs is described. The measurements were realized in the acoustic lab at the Bar Ilan University using a device for precise positioning of a loudspeaker, allowing for positioning the source positions in a dense grid of points within a relatively small volume. Recordings were acquired using six linear arrays of microphones; the measurements were repeated for three different levels of reverberation time. The database provides a new tool for detailed analyses of spatial processing methods, e.g., for source enhancement, localization, and separation. Also, it can be used for learning and testing of new mathematical models of acoustics; field or of RIRs; see, e.g., [11] , [12] , [13] , [14] . The database, dubbed MIRaGe: Multichannel room Impulse Response database on Grid, will be available to the research community free-ofcharge.
The paper is organized as follows. Section 2 describes the recording setup, the resulting database, and the associated software package that will also be provided. Section 3 describes simple experiments, demonstrating the usage of the database. Section 4 concludes the paper.
II. DATABASE DESCRIPTION

A. Setup
The recording setup is situated in the acoustic laboratory, which is a 6 × 6 × 2.4 m rectangular room. A loudspeaker emulating the source is located within a cube-shaped volume of dimensions 46 × 36 × 32 cm (from now referred to as grid) as shown in Figures 1 and 2 . The positions of the loudspeaker form a grid sampled every 2 cm across the x-axis and y-axis and every 4 cm across the z-axis, so there are 24 × 19 × 9 = 4104 possible source positions (grid vertices) in total. In the following, we will use the Matlab-like notation, for example, [:,:,1] means all vertices in the first horizontal slice of the grid.
In addition, there are 25 source positions located outside of the grid (OOG); nine positions are close to the grid and 16 positions are situated along the walls. The center of the grid (the 5th level), as well as the OOG positions, were positioned at the same height of 115 cm. In the grid positions, the loudspeaker is directed in parallel to the y-axis towards the opposite corner of the room (referred to as 'the front of the grid'). In the OOG positions, the loudspeaker is directed towards the center of the room.
The entire setup is recorded by six static linear microphone arrays and one microphone mounted 2 cm in front of the loudspeaker, which is changing its position with the loudspeaker (microphone 31). Three microphone arrays are placed directly in front of the grid at the distance of 1, 2, and 3 m from the center of the grid. The other three arrays are located at the angle of -45
• at the same distances; see Fig. 1 . All arrays are directed towards the grid centre and placed at the same height of 115 cm. Each array consists of 5 microphones with the inter-microphone spacing of −13, −5, 0, +5 and +13 cm relative to the central microphone.
B. Realization
The sidewalls and the ceiling of the acoustic lab consist of revolving double-sided panels with a reflecting and an absorbing face. By rotating these panels, the ratio between the reflective and absorbing areas of the room can be modified, by which the reverberation time of the room can be controlled. We have chosen three reverberation time levels: 100, 300, and 600 ms; Table I . The positioning of the loudspeaker within the grid was realized using a precise three-axis positioning system. It consists of a 2D plotter and a lift table. The x and y-axis were controlled automatically by the plotter, while the zaxis was operated manually. The height was measured by a laser distance meter mounted to the desk of the table. To attenuate acoustic reflections from the plotter's rails, a cardboard construction that holds the loudspeaker out of the plotter's perimeter was constructed (see the first photo in Fig. 3 ). Positions 10 through 25 were measured manually, so the accuracy of their positioning is slightly lower compared that of the positions in the grid.
For each position, two excitation signals were played and recorded in sequence: The first signal (Chirp) consists of two repetitions of a logarithmic swept-frequency cosine signal with a total length of 20 seconds (0.5 s silence, 8 s chirp, 2 s silence, 8 s chirp, 1.5 s silence). White noise (WN) was used as the second excitation signal with a total length of 10 seconds (0.5s We have also recorded one hour of room tone (silence) and one hour of diffuse babble noise for each T 60 setting. The babble noise was simulated by using eight loudspeakers each playing a different multi-speech sequence and each placed approximately 1 m from the walls: one in each corner and one in the middle of each wall. The loudspeakers were directed towards the nearest corner or the nearest wall. Four of these loudspeakers can be seen in the first photo in Fig. 3 .
The recording/playback was done with the sampling frequency of 48 kHz and the bit rate of 32 bits per sample. In order to reduce the size of the raw database (1.5 TB), all recordings were re-encoded into the FLAC format (Free Lossless Audio Codec) with 48 kHz and 24 bits per sample (50% reduction).
C. Database package
The database can be downloaded 2 part-by-part according to the directory structure shown in Fig. 4 . Each directory at the bottom level in Fig. 4 comprises seven folders: one per each microphone array (01, . . . , 06) and one for the microphone mounted to the loudspeaker (on SPK mic). A software package for Matlab is available at the same webpage; the software documentation is included. It enables users to compute RIRs and relative RIRs or, equivalently, ATFs or Relative Transfer Functions (RTF) [15] directly from the raw recordings for selected positions, microphones and the other parameters. The entire database has 0.7 TB (FLAC) in size, however, only selected parts can be downloaded and used with the software. 
III. USING THE DATABASE: EXAMPLES
We will give now two applications that can benefit from this database. The database can be used in many more applications.
Given a pair of microphones i and j, their noisy observations of a directional source can be described as
where x i is the observed signal by the ith microphone, i = 1, 2, s is the source signal, h i is the room impulse response between the source and the ith microphone, v i is the noise signal in the ith microphone, and g i,j is the relative impulse response (ReIR) between microphones i and j (reference). It holds that h j = h i * g i,j . The frequency domain counterpart of the ReIR is the Relative Transfer Function (RTF), a term which we will use in the following as it is more frequently used in the literature [15] . An ATF could be seen as a special case of RTF where the non-reference microphone is a virtual one whose output is the original (non-spatial) signal s (then, h i = δ and g i,j = h j ). Alternatively, this virtual microphone can be substituted by a microphone that is very close to the source (e.g., microphone 31 in our database).
RTFs are commonly used to construct beamformers, e.g. as a blocking matrix in the Generalized Sidelobe Canceller (GSC) implementation. Higher attenuation of the desired signal (i.e. less signal leakage after blocking) is related to lower distortion at the GSC output [15] . We can therefore use the blocking ability of an RTF as an objective measure of quality. Given an The numbers 100, 300, and 600 correspond to the reverberation time level. MISC contains the recordings of the room tone and of the babble noise.
RTF g, we define the blocking ability of g for microphones i and j as
where var[·] stands for the variance of the argument, s r is the residual of s at the output of the blocking operation x i * g −x j , that is, s r = s * h i * g−s * h j , and, similarly, v r is the residual of the noise, v r = v i * g−v j . This measure reflects the attenuation of the source relative to the attenuation of the noise. Ideally, when g corresponds to the exact RTF, i.e. g = g i,j , then s r = 0 and BA i,j (g) = +∞.
A. Experiment 1
In this experiment, we consider grid positions [:,1,1]. The dataset recordings of the white noise for these positions observed by array 1 were taken (microphones 1 through 5). The recordings were used to compute RTFs using time-domain least squares, with microphone 1 being the reference. These positions will be referred to as reference positions.
Then, a source at position [18,1,5] (referred to as test position) is considered. Spatial images of a white noise signal played from the test position were simulated using the relevant ATFs of the database. The ATFs were obtained similarly using the database recordings for the test position by mics 1 through 5 and the original excitation signal 3 . Now, the blocking ability of the RTFs when considering the source in the test position were computed. Signals were downsampled to 16 kHz. The time-domain length of the ATFs was 7168 taps and that of the RTFs was 1536 taps. T 60 levels examined were 100 ms and 600 ms, respectively. To compare, the entire experiment was also simulated using the RIR generator [16] . The blocking ability of the RTFs averaged over microphones 1 through 5 as a function of the reference position is shown in Fig. 6 .
The results show that the closer the reference position is to the test position (#18), the higher is the blocking ability. With higher reverberation time, the overall blocking ability is lower, which is due to the insufficient time-domain length of the RTFs (1536 taps). The overall trends of the blocking ability for the real and the simulated experiment are similar, nevertheless, the values are different. This shows that the reverberation tails of the RIRs from the laboratory are significantly different from those of the simulated room. 3 That is, we do not use microphone 31 here for computation of the ATFs. 
B. Experiment 2
In [11] , a method, denoted manifold projection (MP), for supervised RTF identification was introduced for the purpose of increasing the robustness of optimal beamformers. In this method, a manifold of typical RTFs in a particular room is learned in advance and then exploited to improve the identification of unknown RTFs based on noisy measurements. The method was evaluated in [11] only using a simulated experiment and was shown to provide superior blocking ability over the noisy measurement-based RTF, especially in low SNR conditions. In our experiments, we evaluate the performance of this method in realistic conditions using our database.
First, we repeated the experimental setup in [11] as closely as possible with our database. We used every second position in the grid's x-axis, every position of the z-axis and the first position of the y-axis (i.e. [1:2:24,1,:], for a total of 12 × 1 × 9 positions). For each of these positions, the RTF was calculated between microphones 14 and 15 (Array 3, 8 cm inter-mic distance, 3 m in front of the grid) using clean excitation white noise signals. These RTFs serve as the training set in the supervised methods. The same setup was also created using the RIR simulator.
In one trial of the experiment, a new position within the grid except any positions in [:,1,:] is randomly selected. A 3-second long speech signal is simulated from that position. An uncorrelated spatial white noise at different signal-to-noise ratio (SNR) levels is added. From the noisy mixture, an RTF is estimated using the frequency-domain estimator proposed by Gannot et al. [15] . This noisy RTF estimate is then compared to the training RTFs using the Euclidian distance, and the closest RTF is chosen in place of the noisy one. This approach is referred to as Nearest Neighbor (NN). To compare, the noisy RTF estimate is also enhanced using MP [11] . The resulting RTF estimates were evaluated using the blocking ability with respect to the simulated source. The other parameters were the same as in the first experiment. The average results of 1000 independent trials are shown in Fig. 7 .
The results show that both supervised methods provide superior blocking ability compared to the unsupervised method (the noisy RTF estimate) when the input SNR is lower than 0 dB or −10 dB, depending on the reverberation time. While both NN and MP methods perform similarly in the simulated conditions and low reverberation time, MP provides consistently better results than NN in terms of the blocking ability when using real data.
IV. CONCLUSIONS
We have introduced a new database of dense measurements within a 3D area of an acoustic lab. We have shown that the database can be used for detailed analyses of spatial processing algorithms subject to source location within the measured area. Small variations of RIRs and ReIRs (resp. ATFs and RTFs) due to small changes of the source location can be observed. The database provides an alternative to the popular room impulse response simulator based on the image method [1] , [16] . 
